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Abstract

In this first progress report, we describe the development of a research
interface for the Clarion cochlear implant and the initial planning for the design of
a research interface for the Nucleus 24M cochlear implant system. Three
experiments are described that are in progress: electrode interaction, effect of
number of channels on speech recognition in noise, and the effect of uneven
neuronal survival on speech recognition. Electrode interaction is being
measured with forward masking as a function of the pulse duration, eiectrode
stimulation mode and pulse rate. A simple model is proposed to describe the
interaction data and relate it to the growth of loudness. Measures of speech and
phoneme recognition are being collected from Clarion and Nucleus implant
patients as a function of the number of electrodes used in their speech
processor. These measures are being collected in quiet and as a function of the
signal-to-noise level. Speech and phoneme recognition are also being measured
in normal-hearing listeners and in cochlear implant listeners under conditions of
“holes” in hearing. Experimental conditions are constructed to simulate a region
of missing neurons at the apex, middle or base of the cochlea. The speech
information that would normally be delivered to the hole region is delivered either
to the apical or basal edge of the hole or is simply dropped. Three manuscripts

are included in the appendix of recently completed studies.
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Introduction

This is the first progress report of a new contract to develop speech
processors for electrically stimulated prosthetic hearing. The work scope of the
contract contains 3 main areas of work: basic psychophysics and physiology of
electrical stimulation relevant to speech processor design, speech processor
parameter assessment, and construction of wearable speech processors to
assess the impact of long-term learning on speech processor performance. The
quarterly progress reports from this contract will generally contain two parts: a
brief overview of all work in progress, and a formal description of a completed
study.

In this first report, we describe our first three months of work. Most of the
projects funded by this contract have a history of previous work funded internally
by the House Ear Institute as pilot projects. The progress reported in this report
reflects the completion of some ongoing projects that were funded by the House
Ear Institute but are now funded by this contract.

Implant Interface Development

Clarion Research Interface

House Ear Institute developed a research interface to the Clarion cochlear
implant under a joint development agreement with Advanced Bionics Corporation
in late 1997 and 1998. The Clarion Research Interface (CRI) is intended for use
by technically sophisticated research groups who desire to work with Clarion
cochlear implant subjects. [Note: A workshop was held in Sylmar, California on
April 16-18, 1999 to train representatives of implant research groups in the use of
the CRI. Representatives of 9 research groups from the US attended. MIT, RTI,
Duke, Indiana, Minnesota, UT Dallas, Arkansas, lowa, and the House Ear
Institute. At the conclusion of the 2.5-day workshop each group was fully trained
in the operation of the new interface hardware and software.]

Use of the interface requires programming of real-time digital signal
processor (DSP) chips. The interface will allow (1) the presentation of
preprocessed stimuli, (2) or presentation of speech files from a host PC
computer. or (3) the implementation of real-time speech processors. In each
case it is the experimenters’ responsibility to ensure that the stimuli are
appropriate for the dynamic range of the particular subject. The following figure
presents an overview of the system architecture of the CRI.
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CRI Hardware

The hardware consists of a host PC capable of running Clarion SCLIN
software, a DSP Development Board (EVM), and the Clarion Speech
Processor(SP)/Headpiece and Implantable Cochiear Stimulator (ICS). Utility
programs have been developed to configure the SP with the research interface
software and to configure the DSP Development Board with application programs
for stimulus generation. DSP Demo Application software serves as a model for
constructing user applications for speech processor strategy development and
psychophysical testing. An optional host port interface ISA card enables PC
interaction with DSP programs and high-speed transfer of data between DSP
and PC.

The hardware components required for the Clarion Research Interface

are:

1. Host PC. The host PC is a standard PC computer running Windows. The
capabilities of this PC are the same as those required to run SCLIN.

2. EVM DSP Board. The DSP board is a DSP 56302 Evaluation Module
(DSP56302EVM) from Motorola.

3. Host Port Interface. ISA Host Interface for DSP 5630xEVM from Domain
Technologies.

4. CPI. Clinician’s Programming Interface, part of the clinical equipment provided
with the Clarion system.

5. SP/HP. Clarion Speech Processor and Headpiece.

6. RICS. The Research ICS (RICS) is a specially-designed ICS that allows
probing of signals at the ICS outputs which are connected to load
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resistors. The RICS is used in place of the subject’'s ICS when in
development mode.

7. SP/DSP Cable. The DSP ESSI1 port available at J6 on the DSP56302 EVM is
connected to the CPI connector on the SP with a special cable having
active drive circuitry for high-speed serial port signals.

8. Power supply. Power to the RSP is supplied by the DSP56302EVM over the
SP/DSP cable used for data link communications. The DSP56302EVM is
powered by a 7-9V, 1A AC or DC supply with 2.1mm plug, which supplies
power for the EVM, SP, and active cable.

CRI Software

Software for the Clarion Research Interface consists of RSP software
running on the SP and DSP software running on the EVM. In addition, an
application may require custom software running on the PC to interact with the
EVM through the Host Port Interface. The architecture of CRI software is shown
conceptually in the diagram below.
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The software provided with the CRI consists of DSP programs running on
the EVM that demonstrate the basic capabilities of the Clarion Research
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Interface. The DSP programs may also require interaction with the PC through
the Host Port Interface, depending on the application. The RSP software
consists of a single program downloaded to the SP by the researcher.

The Demo software provided with the interface consists of three
application programs that demonstrate the functionality of the Clarion Research
Interface. These programs are provided as examples and the user will typically
want to modify and enhance these programs to support their research needs.

Demo 1: Multiple-channel waveform array The DSPDEMO.ABS program
executes on the EVM and demonstrates the capability of the Clarion Research
Interface to generate arbitrary, periodic waveforms at ICS outputs. The DSP
simply manages the transfer of ICS amplitudes for 8 channels that are contained
in a buffer in the data memory of the DSP. The data is an array of initialized
constants comprising appropriate charge-balanced stimuli.

Demo 2: CIS Strateqgy using audio from HP microphone The DSPCIS
demonstration program is a simplified CIS speech processing strategy that runs
in real-time on the DSP board. The DSP program generates ICS outputs every
frame and passes them over the forward channel of the DSP-SP
communications link, resulting in waveforms generated at the electrodes. The
source of the input data for the CIS algorithm is digitized audio words from the
HP microphone that are sent to the DSP. one word every frame, over the
backward channel of the DSP-SP communications link.

Demo 3: PC “.waV’ file play through CIS Strategy This demonstration involves a
PC program sending data to a program running on the EVM through the host port
interface for real-time processing. The DSPCISW DSP program that executes
on the EVM is nearly identical in function to DSPCIS except that the source of
the audio input to the CIS strategy is a stream of audio samples from the PC. A
typical use of this method is for playing arbitrarily-long digitized test materials
such as word lists and sentences through the Clarion system. The PC program
implements the “.wav’ file play and the host port interface functions on the PC
side.

NOTE: The Clarion Research Interface is available to qualified research groups
through the Advanced Bionics Corporation.

Nucleus 24M Interface.

Our present experiments with Nucleus-22 cochlear implant subjects are
implemented with a custom designed interface that allows presentation of
arbitrary stimuli to any electrode combination (Shannon et al.. 1990). The new
system now in clinical use, the Nucleus-24M system. uses a different signal
transmission protocol than the Nucleus-22 system. To achieve higher throughput
pulse rates the pulse parameter information for one puise is transmitted
simultaneously with the previous pulse waveform.
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We have received technical specifications from Cochiear Corp. on the
design of their signal transmission system and are evaluating the best method for
developing a research interface for the 24M device.

Overview of Experiments in Progress

Channel Interaction (work partially funded by contract)

One of the main factors thought to be of importance for cochlear implant
function is the degree of interaction or overlap between electrodes. Electrodes
that stimulate a local region will allow good tonotopic selectivity, while electrodes
that stimulate a broad region will only ailow a blurred or smeared representation
of the same spectral information. Our group has developed several methods for
measuring electrode interaction. Monita Chatterjee has measured the spread of
activity around a stimulated electrode using forward masking. The amount of
forward masking produced by a stimulus is an indicator of the excitation pattern it
evokes. In this method, a 200 ms masking stimulus is presented to a fixed
electrode pair. The masker was varied in its level, electrode mode and pulse
duration. Five msec after the masker is turned off, a brief (20 ms) probe stimulus
is presented on another electrode pair. The probe was always 500 Hz, 200
us/phase biphasic pulse in stimulation mode BP+1. The amplitude of the probe
is adjusted to the point where it is just detectable. This threshold is then
measured as a function of the separation between masker and probe location as
an indication of the spread of excitation of the masker. Stimuli were presented
using a custom implant interface (Shannon et al., 1990). Experiments were run
using custom software designed by Q.J.Fu. Subjects were three highly trained
users of the Nucleus-22 implant system.

Effect of increasing masker stimulation mode (separation between electrodes).
Results are plotted as linear threshold shifts (masked — quiet threshold) in
microamps (uA) vs. probe electrode location. Figure 3 shows examples of
masked patterns obtained in subjects N3. N4 and N7. Masker pulse duration was
fixed at 200 microseconds/phase. Three sets of data are shown, each for a
different masker electrode pair. Upper and lower panels of each set show
masked patterns obtained using masker amplitudes at 50% and 70% of the
dynamic range of the masker. respectively. Typically. on a subjective loudness
scale of 0 to 100, stimuli presented at 50% of the dynamic range are judged to be
at a loudness of about 20 (soft), and stimuli at 70% of the dynamic range are
judged to be at a loudness of about 35 (comfortable). Within each panel, each
symbol corresponds to data obtained in a different subject. In general, the
pattern becomes more broad as masker level increases and with larger
separation between masker electrodes.

Effects of increasing masker pulse duration. Examples of results obtained in
subject N7 are shown in Fig. 4. In this case. the masker electrode pair is fixed,
and the masked pattern is obtained for different masker pulse durations. For
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each pulse duration of the masker, the masking pattern is obtained for different
masker pulse amplitudes. Note that changing the masker pulse duration does not
change the overall shape of the excitation pattern in any significant manner.

Channel Interaction — DISCUSSION. As the separation between the electrodes
of the masker electrode pair increases, the pattern of masked threshold shift
broadens. At very large separations (such as masker electrode pair 2,20), the
excitation pattern resembles that due to two monopoles. As the electrode array
does not extend beyond 22 electrodes, we cannot measure the threshold shift (or
the excitation) pattern completely under these conditions. Interestingly, masker
pulse duration does not seem to influence the gross shape of the excitation
pattern.

In general, it is known that loudness grows slowly for small electrode
separations (narrow configurations) and rapidly for large electrode separations.
For a given electrode separation. loudness grows slowly for short pulses, and
rapidly for long pulses.

In our previous studies. we have quantified these relations. We have
found that for simple stimuli such as these, loudness grows as a function of
electrode separation. as well as pulse duration and pulse amplitude, according to
an exponential function, the exponent a of which is given by: a = g(M)*f(D)*|
where g(M) is a linear function of the electrode separation M (M = 2 for a
stimulation mode of BP+1) and f(D) is a compressive power function of pulse
duration D, | being the stimulus amplitude.

Making a broad simplification, we explore the premise that the forward
masked pattern may be thought of as an “excitation pattern”, and the area under
it may ideally represent some form of integrated neural activity due to the
stimulus. If loudness is monotonically related to such an integrated output, the
area under the pattern should behave in a qualitatively similar manner to
subjective loudness in these implant listeners.

Figure 5 shows the area under the excitation pattern plotted against
masker amplitude. for three masker electrode pairs (narrowest to broadest
separation. from top to bottom). In each case, masker pulse duration is fixed at
200 microseconds/phase. In each panel. different symbols correspond to a
different subject (indicated).

Note that the area under the pattern grows most shallowly for the smallest
masker-electrode separation. and most rapidly for the widest separation. The
function relating the growth of the area to current amplitude is approximately
linear, and very similar across subjects. These relations parallel surprisingly well
the behavior of the loudness functions.
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Figure 6 shows the slope of the area-vs.-amplitude function plotted
against the electrode separation, for subject N7. An approximately linear
behavior is observed. Note that due to the limited length of the electrode array,
we are underestimating the area of activation for the widest masker-electrode
separations.

Figure 7 plots the area under the excitation pattern for a fixed masker
electrode pair (10,12) in subject N7. Different symbols correspond to different
masker pulse durations. It is apparent that for the shortest pulse duration, the
area grows with the shallowest slope, while for the longest pulse duration, the
area grows with the steepest slope. Again, this behavior parallels the behavior of
the loudness function.

Figure 8 plots the slope of the area-vs.-amplitude functions against pulse
duration, for two different masker electrode separations. Note that the slope
increases with pulse duration. in a manner that can be approximated well by a
compressive power function. Note that the best fitting power functions for the
two masker configurations have almost identical exponents (0.39). This behavior
is again similar to that of the loudness function. The value of the exponent of the
power function relating the slope of the ioudness function to the pulse duration is
approximately 0.6, somewhat larger than the 0.39 observed here.

The results described above suggest that the area under the excitation
pattern is monotonically related to perceived loudness. Given that the area under
the pattern is poorly estimated because of the limitations already described,
these findings are both interesting and satisfying.

Number of channels in noise

Several studies have investigated the effect of the number of spectral
channels (or number of electrodes) on speech recognition (Fishman et al., 1997,
Fu and Shannon, 1998). As might be expected. speech recognition improves as
the number of spectral channels increases. However. in cochiear implant
listeners, increasing the number of electrodes only improved speech recognition
performance up to 7 electrodes. There was no improvement as the number of
electrodes was increased from 7 to 20. However. Fishman et al. measured
performance in quiet. Fu and Shannon (1998) showed that more spectral
channels are necessary when listening in noisy conditions. In the most difficult
noise conditions, speech recognition performance had not reached asymptote at
16 channels of spectral information. It is possible that performance will improve
from 7 to 20 electrodes in noisy listening conditions. though Fishman et al. found
no improvement in quiet. We are measuring speech recognition in 10 Nucleus-
22 subjects and in 10 Clarion subjects at 5 noise levels with varying numbers of
electrodes. Results will be reported at the upcoming Asilomar CIAP meeting
August 29-September 3. 1999,
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Holes in hearing

The remaining neuron population in a cochlear implant subject may be
quite variable across individuals due to the cause of deafness and its duration.
Some pathologies causing deafness may have an uneven effect on nerve
survival, resulting in patches of cochlear with no remaining neurons. A cochlear
implant in such a case would be able to produce sound sensations, but the
current level on the electrode in the “dead zone” would have to be increased so
that the electrical field spreads to excite neurons on the edge of the dead zone.
In such a case the speech information carried by that electrode would still be
represented in the neural stimulation, but it would occur at the wrong cochlear
location. We are conducting a series of experiments to quantify the effect of
such “holes” in hearing. We are systematically creating holes in the tonotopic
representation of cochlear implants by turning off one or more electrodes. The
speech information that had been applied to that electrode could then be routed
to adjacent electrodes to simulate the condition described above. Alternatively,
we can simply drop the speech information that had been assigned to that
electrode. We are presently creating “holes” at the apical, middle and basal
regions in Nucleus-22 subjects. Speech recognition is being measured in
conditions which turn off 2. 4. 6, or 8 electrodes resulting in holes of 1.5, 3.0, 4.5
and 6.0 mm, respectively. The speech information that would have normally
been assigned to these electrodes is either (1) dropped, (2) routed to electrodes
on the apical edge of the hole. (3) routed to electrodes on the basal edge of the
hole, or (4) split evenly between the apical and basal edge of the hole. Results
will be reported at the upcoming Asilomar CIAP meeting August 29-September 3,
1999

Long-Term Learning Effects

One issue in designing implant speech processing strategies is the
influence of long-term learning. It is widely thought that patients will “get used to”
or accommodate to many processor parameters even if they are not optimal.
Section D of the workscope for this contract calls for the “study of the effects of
learning”. We are presently engaged in a study of adaptation to a speech
processor that is purposefully mismatched in terms of frequency-to-electrode
assignments. We have three Nucleus-22 implant volunteers who are wearing a
processor in which the frequency-to-electrode assignment has been shifted by 3
mm in cochlear distance. Speech recognition measures are made weekly during
the trial. Results will be reported at the upcoming Asilomar CIAP meeting August
29-September 3. 1999.

Anticipated Work in the Next Quarter

In the next quarter we will continue hardware and software development of
interfaces for the Nucleus 24 and Clarion implant systems. PC programs are in
development to allow general research control of stimulation of the Clarion
system. We anticipate that these programs will be completed in the next quarter
and will be available for use. Also in the next quarter we will formalize the
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hardware/software approach that we will use to develop a research interface for
the Nucleus 24M implant system and work will begin on the interface
development.

We anticipate that the four experiments briefly described in the “In
Progress” section above will be completed and manuscriopts submitted for
publication. New experiments will be initiated on (1) the effects of noise on
speech recognition, (2) long-term learning effects, (3) interleaved masking as a
measure of electrode interaction, (4) further studies on the effect of stimulation
pulse rate on speech recognition, and (5) comparison of speech recognition with
different stimulation modes.

Summary of Experiments in Appendix

Nonlinear Amplitude Mapping in Noise: Acoustic and Electric Hearing

Two of the manuscripts in the Appendix present data on the effects of
various amplitude mapping functions on phoneme recognition in noisy listening
conditions. Five normal-hearing listeners were tested with a sixteen-band noise
vocoder to restrict their spectral resolution. Three Nucleus-22 implant patients
were tested with a 4-band CIS speech processor. In both cases an
instantaneous power-law was used to map envelope amplitudes in each band to
a new amplitude that was used to modulate the carrier signal: a noise band in the
acoustic case. and 500-Hz biphasic pulses in the implant case. The exponent of
the power-law mapping was varied over a range from more compressive to more
expansive than the exponent that produced "normal” loudness growth. Thus,
normal-hearing listeners were tested with exponents ranging from 0.3 to 3.0,
where an exponent of 1.0 would preserve normal loudness growth. Implant
listeners were tested with exponents ranging from 0.05 to 0.8 (where normal
loudness growth was achieved by an exponent of 0.2).

In quiet listening conditions only a small decrement in vowel and
consonant recognition was observed over the entire range of exponents. A mild
peak in recognition performance was observed with the exponent that preserved
the normal loudness. However, in noisy listening conditions the performance
functions become clearly asymmetric. For both normai-hearing and cochlear
implant listeners. and for both vowels and consonants, performance drops
dramatically with increasing noise level for compressive exponents but drops
only slightly for expansive exponents. With signal-to-noise ratios of O dB or
poorer the best performance was observed with the most expansive exponent
used. These results confirm that preserving normal loudness growth produces
the best phoneme recognition in quiet. However, in noise, the best amplitude
mapping function is more expansive than one that preserves normal loudness
growth. The fact that the functions were quite similar in shape for both NH and
Cl listeners indicates that this result is a general one.
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For expansive exponents the peaks in the waveform in each channel are
accentuated. The reason performance is better in this case is that the peaks are
more likely to be from the speech than from the noise, so the expansive
amplitude transformation is differentially ampiifying peak amplitude samples in
speech relative to the noise. This suggests an extremely simple preprocessing
strategy for listening in noise — expansive instantaneous amplitude mapping.

Phoneme Recognition as a Function of Stimulation Rate.

One of the critical parameters in cochlear implant speech processor
design is the rate of stimulation on each electrode. We measured vowel and
consonant recognition in three Nucleus-22 implant patients as we systematically
changed the stimulation pulse rate on each electrode. For this experiment we
implemented a four-channel CIS processor on the Nucleus-22 system using pre-
processed stimuli. Four BP+3 electrode pairs were selected for stimulation that
covered most of the electrode array: (18.22). (13,17), (8,12), and (3,7). The
stimulation rate/channei was varied from 50 pps to 500 pps. Results showed that
phoneme recognition performance increased with pulse rate up to 150 pps, and
no further increases were observed as pulse rate was increased from 150 pps to
500 pps/channel. An additional condition confirmed that the asymptote at 150
pps was not due to the envelope smoothing filter. Thus, this experiment
demonstrated that, within the range of 50-500 pps/electrode, no improvement in
phoneme recognition was obtained for stimulation rates higher than 150 pps.
This asymptotic rate is considerably lower than stimulation rates used by present
impltant systems.
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RECOGNITION OF SPECTRALLY DEGRADED SPEECH IN NOISE WITH
NONLINEAR AMPLITUDE MAPPING

Qian-Jie Fu and Robert V. Shannon
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House Ear Institute, 2100 West Third Street
Los Angeles, CA 90057

ABSTRACT

The present study measured phoneme recognition as 2 function
of signal-to-noise levet under conditions of spectral smearing and
nonlinear amplitude mapping. Speech sounds were divided into
16 analysis bands. The envelope was extracted from each band
by haif-wave rectification and low-pass fiitering and was then
distorted by a power-law transformation whose exponents varied
from a strongly compressive (p=0.3) to a1 strongly expanded
value (p=3.0). This distorted envelope was used to modulate a
noise which was spectraily limited by the same anaivsis filters.
Resuits showed that phoneme recognition scores in Juiet were
reduced only slightly with cither cxpanded or compressed
amplitude mapping. As the ievel of background notse was
increased. performance detertorated more rapidly for both
compressed and linear mapping than tor the cxpanded mapping.
These results indicate that although an ¢xpansive amplitude
mapping may slightly reduce performance in quiet it may be
beneficial 1n noisy listening conditions.

1. INTRODUCTION

Cochlear implants transform speech sounds into clectnical signals
that Jirectly stmuiate remamning auditory nerve fibers and can
sartiallv restore the speech sensations of profoundly deaf
listeners. Modem muitichannet cochlear :mpiants divide speech
sounds :nto multipie ‘reguency bands nd extract the temporal
cnvelope nformaton tfrom cach band. Then the acousuc
envelope amplitude :s converted into ¢lecirnic ampliwde which is
Jefivered 1o ciectrodes located :n the different places within the
cocnlea. To recreate the tonotopic Jistribution of activity within
:he normai cochled the envelopes {rom low :requency bands are
delivereg o clectrodes ocaled near the ipex and the znvelopes
from high frequency bands are delivered to basal electrodes. The
improvement of speech performance (rom single-channel o
multichanne! device demonstrates a clear uulization of place cues
in cochlear impiant users (1]

In quiet conditions, most <ochlear imptant users with the latest
impiant device can achieve 1 high level of speech performance.
However. performance dJeteriorates  sigmficantly m noisy
environments |3, $] even for the best cochiear implant user. The
cause of the noise susceptibtity ol cochiear implant users has
heen investigated recently. Fu et al. [3] measured the recognition
of spectrally Jegraded vowels and consonants as 2 tunction of
signai-fo-noise ratio 1n both normai-hearing subjects and cochlear
impiant users. The results snowed that as the spectral information
was reduced. speecn recognition detertorated only shightly
quiet conditions. but recognition deteriorated signiticantly more
in noisy conditions. The oerformance of the best cochlear
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implant users was similar to that of normai-hearing subjects
listening to a similar level of spectral reduction, suggesting that
those implant listeners were making optimal use of the spectral
cues available. As the spectrai resolution was reduced the
performance in noise decreased, demonstrating that the limited
spectral resolution is a key factor causing the noise susceptibility.
However, some of the cochlear implant listeners had poorer
performance than processor-matched normal-hearing subjects,
suggesting that those implant listeners were not receiving as
many spectral channels of information as their number of
electrodes, due to unknown factors. One possible additional
factor is the loudness mapping function between acoustic
amplitude and electric current.

Ampiitudes in normal speech can range over 40 to 60 dB.
However, implant listeners typically have dynamic ranges of
only 6 to 15 dB in electric current, requiring the acoustic range to
be compressed into the ciectric range. Fu and Shannon [2]
measured vowel and consonant recognition as a function of the
exponent of a1 power-function nonlinearity in both cochicar
implant users and normal-hearing listeners. They found that, for
both acoustic and impiant listeners, the best performance was
obtained when nommal loudness was preserved. Performance
deteriorated siightly when the amplitude mapping function was
sither more compressive or more expansive. Thus, instantaneous
amplitude noniinearity only has a minor etfect on phoneme

recognition :n guiet.

The goal or :he present study was o understand the etfects of
nonlinear amplitude mapping on recognition of spectrally
degraded speech in noise. The recognition of vowels and
consonants was measured in five normal hearing listeners as a
qunction of signal-to-noise rato. with the exponent of the
amplitude-mapping power function as 4 parameter.

2. METHODS

2.1 Subjects

Five normai-nearing subjects between the ages of 25 and 35
vears served s subjects. All subjects had thresholds better than
15 dB HL it audiometric test frequencies from 250 to 3000 Hz
and all were nanve speakers of American English.

2.2 Test materials and procedures

Speech recogmtion was assessed for medial vowels and
consonants. Yowel recognition was measured in a |Z-aitemative
«dentification paradigm. inctuding 10 monophthongs and 2
diphthongs. presented m a /h/-vowel-/d/ context (heed. hawed,
head. who d. 1id. hood. hud. had, heard. hoed. hod. hayed). The



tokens for these closed-set tests were digitized natural
productions from 5 male, 5 female, 5 children, drawn from the
material collected by Hillenbrand et al. [4]. Consonant
recognition was measured in a l6-alternative identification
paradigm. for the consonants /bd gptkImafs|vzjb,
presented in an /a/-consonant-/a/ context. Two repetitions of each
of the 16 consonants were produced by three speakers (1 male, 2
female) for a total of 96 tokens (16 consonants * 3 taikers * 2
repeats). All test materials were stored on computer disk and
were output via custom software to a 16 bit D/A converter (TDT
DD1) at a 16-kHz sampling rate. Speech sounds were presented
using a Tucker-Davis-Technologies (TDT) AP2 array processor
in a host PC connected via an optical intertace.

Each test block inciuded 180 tokens tor vowel recognition or 96
tokens !or consonant recogmition. A stimulus token was
randomiy chosen trom all {80 tokens in vowel recognition and
from V6 tokens in consonant recognition and presented to the
subject. Following the presentation of cach token, the subject
responded by pressing one of 12 buttons in the vowel test or one
of 16 buttons in the consonant test, cach marked with one of the

possible responses.

All subjects started with 1 training session. Two extreme
mapptngs were used as traiming conditions. Each traning session
included 8 consecutive test blocks with the same mapping
condition and the same speech material. Feedback was provided.
The order of training conditions (two mapping conditions and
vowel/consonant tests) was randomized across subjects. Subjects
started the test sessions after all Taining conditions were
finished. In the test sessions. the order of S/N rauo conditions
was randomuzed. The order of the five mapping conditions, and
the order of the vowel and consonant :ests, was counterbalanced
across subjects. No tcedback was provided in test sessions.

2.2 Signal processing

The speech signal was mixed with simpiitied speech spectrum-
shaped noise (constant spectrum iever 2eiow 300 Hz and 10-
dB/ociave role-otf above 300 Hz). The signat-to-noise ratio (S/N)
was Jetined as che Jditference, in Jecibets. between the RMS
fevels of the whole speech (oken and the noise. The speech signal
was mixed wvith the noise at SN leveis of 24 dB. 18 4B, 12 dB. o
dB. v dB. -0 dB. -1Z 4B. tor a total or ¥ conditons :n addition to
the originai speech.

The specuraily degraded speech sumuii were :mpiemented as
foilows. The unprocessed speech with ne desired SN level was
first pre-emphasized using 4 (irst-order 3utterworth high-pass
nlter with u cutotf requency of 1200 Hz. and then band-pass
tiitered :nto 16 (requency bands using zignth-order Sutterworth
tilters. The corner :requencies (3 JB down) of the bands were at
300. 379, 4730 383, 715, 360, 1046, 1239 1509, 1804, 2132,
2361, 3043, 36120 4281, 3070, and =000 Hz. The znveiope :n
cach band was extracted by halt-wave recttication and low-pass
filtering 1eighth-order  Butterworthy with a  [60-Hz  cutorf
trequency. The cenvelope was then Lstorted by 1 power-iaw
transtormation. applied (0 cnvelope .mplitudes between the
maximum envelope value and the nowse :loor. The 2xponent of
the power function varted trom a strongly compressive (p=t.3) to
a strongly ¢xpanded value (p=3.0). This Jistorted cnvelope of
2ach band was used 0 modulate o wideband nowse. which was
then spectratly imited by e sume 2aneoass lter used ior that
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anaiysis band. The output from ail bands were then summed,
tokens were equated in rms energy, and presented to the listeners
diotically through Sennheiser HDA200 headphones at 70 dBA.

3. RESULTS

Figure | shows the mean scores of vowel and consonant
recognition as a function of the number of training bliocks for the
extremely compressed and expanded conditions.
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Figure 1. Percent cormrect of vowel and consonant
recognition as a function of the number of training
blocks. (A) p=0.3; (B) p=3.0. Error bars represent +/-
one standard deviation.

For the compressed condition (p=0.3), the vowel score increased
from 68.4% (0 80.8%. and consonant scores increased from
82.2% to 38.9% over the eight training sessions. but these
increases were not significant [F(7.32)=2.20, p=0.06 for vowels;
F{7.32)=0.62. p=0.74 {or consonants]. However. there was a
significant interaction between tramning and subjects, retlecting a
large increase with training for some subjects and no change with
traiming for others [F{4.35}=8.31. p<0.001 for vowels: F(4.35)=
2.32, p=1).04 tor consonants|. For the expanded condition. a 4.4%
and 7.0% 'mprovement was observed in vowel and consonant
recognition. respectively. but these differences were aiso not
signiticant (F(T32)=1.49, p=021 ‘or voweis; F(7.32)=0.86,
p=0.35 tor consonants}. Again, there was a significant interaction
between subjects and trammung [F{4.35)= 21.34, p<0.001 for
vowels; F(4.35}=6.39. p<0.00! for consonants].

Figure 2 shows the mean vowe! and consonant recognition scores
as a function of the exponent ot the power tunction n quiet and
noise condition. [n the quret condition (tilled circles), both vowel
and consonant scores dJecreased slightly when cither a
compressed Jr xpanded mapping was applied. Vowels were
relatively more (olerant to cxpansion while consonants were
more tolerant :o compression. There was a signiticant etfect of
amplitude mapping on recognition of vowels [F(4,20)=11.49,
p<0.001] ang consonants [F(4.20)=23.67, p<0.001]. Post-hoc
tests according to Tukev HSD multipie comparisons showed that
only the extreme compression (p=0.3) significantly reduced the
performance in vowel recognition relative to linear mapping
(p=1.0). Consonant recogmiion detertorated significantly in ail
mapping conditions except the moderate compression (p=0.5). [n
noise conditions. amplitude mapping had a significant impact on
vowel and consonant recognition at all signal-to-nosse levels.



Post-hoc Tukey HSD tests showed no signiticant pertformance
drop in conditions with expansive mapping relative to linear
mapping. Indeed. the cxtreme expansion (p=3.0) significantly
improved the vowel recognition scores at high noise levels (-6
dB SNR). Post-hoc Tukey HSD tests also showed a significant
performance drop in ail conditions at all noise levels with
compressive mappings relative to those with linear mappings.
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Figure 2. Recognition scores of vowels and consonants
as a function of the exponent of the power function in
quiet and noise condition. (A) Vowels: (B) Consonants.
Error bars represent +/- one standard deviation.
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Figure 3. Recognition scores of voweis and consonants
as a function of signal-to-noise rano. +A) Vowel scores:
(B) Consonant scores: (C) Normalized vowel scores; (D)
Normalized consonant scores. The solid lines represent
the fimng curve Dbased on he Equation | and
experimental Jata. The dashed .ines represent 50%
leveis. Error hars represent =/~ one standard deviation.

Figures 3A and 3B show the mean scores of vowe! and
consonant recognitton. respectively, 1s a4 iunction of S/N ratio
with different amplitude mappings. Both vowel and consonant
(S/N) ratio

scores graduaily decreased  as  signal-to-noise
decreased or il mapping conditions. Figures 3C and 3D show
the normaiized performance on  vowels and  consonants,
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respectively, as a function of S/N ratio, relative to the
performance in quiet. The dashed lines in Figures 3C and 3D
indicate 50% of the normalized score after correction for chance,
The S/N level that produced this 50% level of performance was
defined as the phoneme recognition threshold (PRT).

The data of Figure 3 were fit by a simple sigmoidal model.
%C = Py + (Q- Po)/(1+exp(-B(x-PRT))) (M

where Q is the percent correct in quiet, PRT is the phoneme
recognition threshoid in dB, x is the S/N ratio in dB, P, is the
chance level (6.25% for consonants, 8.33% for vowels), and f is
related to the slope of the function at PRT. Figure 4 shows the
PRTs and siopes as a function of the power function exponents.
The fits of this function to the data were uniformly excellent,
with all # values better than 0.99. The PRT for both vowels and
consonants improved significantly as the mapping function
changed from a compressive mapping to an expanded mapping
[F(4,40)=190.14, p<0.001]. The siopes of the vowel and
consonant functions at PRT also changed significantly as a
function of the mapping exponent [F(4,40)=8.03, p<0.001}.
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Figure 4. Phoneme recognition threshold and the siope
of vowel and consonant recognition as a function of the
power function exponents. (A) Phoneme recognition
threshold: (B) The siope (B) of the power function. Error
bars represent ~/- one standard deviation.

4. DISCUSSION

In normmal hearing the signal of interest (speech) and the
intertering noise are processed through the same sensory
channels in the normal cochlea. However, in patients with
hearing impairment or in deaf patients with cochlear implants the
signal stream must be pre-processed (0 remediate the impaired
sensory processing. Processing strategies need to accommodate
not only ideal conditions of listening in quict, but also reai-world
conditions of listening in high noise levels. Some modern digital
hearing auds and ail cochlear implants use instantaneous
nonlinear amplitude compression to restore normal loudness
sensations to the listener with impaired sensory processing. The
present study measured phoneme recogmition in quiet and in
noise as a function of the noniinear amplitude mapping. Spectral
resolution was reduced to 16 bands to simulate the reduced
spectrai resolution in an impaired cochlez. Aithough the results
are most directly applicable to signal processing for hearing-



impaired listeners. they also have interesting implications tor
normai hearing in noisy conditions.

The present resuits replicate the finding {2, 6] that amplitude
nonlinearity in quiet has only a mnor effect on phoneme
recognition. However, as the S/N level decreases, the ctfect of
amplitude nonlinearity becomes dramatic and asymmetric:
expansive mappings are only mildly effected by noise, while
compressive mappings are strongfy ctfected. One implication of
this result s that expansive mappings may be better overall for
mixed quiet and notsy conditions. The expansive exponents may
be slightly poorer in quiet conditions. but would still allow
reasonably good speech recognition tn noise. [n contrast,
compressive mappings would allow a similar level of speech
recognition in guiet, but would be considerably worse in noise.
An interesting implication s that a processor with an expansive
nonlinearity may improve speech recognition in noise compared
to no processing even for normal-hearing subjects.

The resuits in the present experiment indicated that the
improvement by learming was subject-dependent as well as
stimulus-dependent. The improvement in the present study was
much less than that reported by Licklider and Poilack (6], which
may be simply due to the difference n test matenals. The
improvement of consonant recognition was similar for either
compressed or expanded speech. However. more improvement in
vowel recognition was observed for the compressed speech than
the expanded speech. Some subjects improved more than 20%
after 3 training blocks. while other subjects showed no
improvement with the same tramning. The variauon ot training
etfects acrass subjects was unexpectedly large. Possibie reasons
may include the motivation of subjects or training procedure.

Although ampiitude distortton has oniv a1 small atfect on speech
inteiligibility in quiet (3. 6], Thomas and Niederjohn (9.10]
tound that ampiitude-compressed spesch was recognized at a
much mgher fevel than uncompressed speech at high nose
levels. This resuit appears to be contradictory (0 the resuits in the
present study. which showed a devastaung ettect of ampiitude
compression on speecn ntelligibtiiny in nowe. {n Thomas and
Niederjohn's experntments amplituge compression was applied to
the noise-free speech !0 which uncompressed noise was then
added. These cartier methods are appiicabic where the noise-tree
speech s available tor processing, prior o the introduction of
noise. However. their method s not appropriate [or most
listeming situations :n evervday lite where the speech and noise
are added together betore the processing can be applicd.

The present results aiso show un interesting Jditference between
vowel and consonant recognition. (o the guiet condition. the
intluence ot amplitude compression on vowel and consonant
recogmuon was simiiar.  However. consonant recognition
detertoratea much :aster than vowel recognition or expanded
speech. Further unalvsis showed that serformance on the manner
cues sutfered most (7]. Amplitude macping had @ similar impact
on the recognrtion pattern of the PRTs for vowels and consonants
although the siope of the stgmoidal runcuions was ditferenc

The data :n the present studv showeg that the PRT was highly
dependent on amolitude mapping. Shghtly expansive mapping
may be better overall in combined juret and norsy listening
conditions. Compressive mapping unctions mav be satisractory
N quiet, but result in aiarge decrease in pertormance 0 noise.
This suggests that at 'east part of the fugh varapiiity m cochlear
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implant users may be due to non-optimal amplitude mapping,
Implant listeners who have an amplitude mapping function thar is
toa compressive would be at a disadvantage in noise compared to
implant listeners with expansive loudness mappings. The
asymmetry of these results suggests that a slightly expansive
mapping might be the best choice for overall listening conditions,

5. SUMMARY AND CONCLUSIONS

Nonlinear amplitude mapping produced only a mild decrement in
speech recognition in quiet, but could produce a large decrement
in noise. Expansive nonlinear mapping provides better overall
performance in noise than linear or compressive mapping.
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Abstract: The present study measured phoneme recognition as a function
of signal-to-noise levels when different nonlinear loudness mapping
functions were implemented in three cochlear implant users using a 4-
channel CIS speech processing strategy. Results showed that phoneme
recognition scores in quiet varied only slightly when different amplitude
mappings were applied. from highly compressive to weakly compressive.
As the level of background noise was increased, recognition scores
decreased more rapidly tor the strongly compressive mapping than for the
weakly compressive mapping. Results indicate that. although a strongly
compressive mapping between acoustic and clectric amplitude produced
slightly better performance in quiet. a less compressive mapping may be
beneficial in noisy listening conditions for cochlear umplant listeners.
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1. Introduction

In quiet laboratory testing conditions. many cochlear implant users with the latest implant
devices can achieve high levels of open-set sentence recognition. However. performance
deteriorates significantly in noisy listening conditions (Hochberg et al.. 1992: Miiller-Deiler
et al.. 1995) even for the best cochlear implant users. Several explanations for the noise
susceptibility of cochlear implant listeners have been proposed recently. One of the most
obvious factors is the limited spectral resolution in cochlear implants. In a recent study, Fu et
al. (1998) measured phoneme recognition in five normai-hearing listeners as a function of
the number of spectral channels. Results showed that as the spectral information was
reduced. speech recognition deteriorated onlv slightly in quiet, but recognition deteriorated
significantly in noise. Phoneme recognition pertformance of the best cochlear implant users
was similar to that of normal-hearing subjects listening to a similar level of spectral
reduction. A similar result was reported by Dorman and colleagues (1998a. 1998b). These
results indicated that the limited spectral resolution in cochlear implant listeners is a key
factor causing noise suscepubility. However. one interesting observation from both Fu et al.
and Dorman et al. studies is that some implant listeners had performance comparable to
normal-hearing listeners in quict but had sigmficantly poorer performance in noise. even
when using a sumilar speech processor. One factor that may have contributed to this
difference is the loudness mapping function between acoustic amplitude and electric current.
[nstantaneous amplitudes in normal speech range over as much as 60 dB. However,
implant listeners tvpicallv have dynamic ranges of only 6 to 15 dB in electric current,
requiring the acoustic range to be compressed into the clectric range. Zeng and colleagues
(1994, 1999) determined that loudness in clectrical stimulation could be represented by an



exponential function of current. This function implied that a highly compressive function is
necessary to map acoustic amplitudes to clectric amplitudes to preserve loudness. Fu and
Shannon (1998) investigated the effect of nonlinear amplitude mapping on vowel and
consonant recognition in both cochlear implant users and normal-hearing listeners. They
found that. for both acoustic and implant listeners. the best performance was obtained when
normal loudness was preserved which. for electrical stimulation, was obtained when a
compressive power-law napping (p=0.22) was applied. A traditional power-law, cross-
modality model indicated that this mapping best restored the loudness growth in cochlear
implant users. Performance deteriorated only slightly in both acoustic and implant listeners
when the amplitude mapping function was cither more compressive or more expansive.
Thus, instantaneous amplitude nonlinearity only has a minor effect on phoneme recognition
in quiet.

Fu and Shannon (1999) investigated the effects of nonlinear amplitude mapping on
the recognition of spectrally degraded speech in noise by normal-hearing subjects. They
measured vowel and consonant recognition in five normal-hearing listeners as a function of
signal-to-noise ratio. with the exponent of the amplitude-mapping power function as a
parameter. The results showed that nonlinear amplitude mapping produced only a miid
decrement in speech recognition in quiet. but could produce a large decrement in noise.
Expansive nonlinear mapping provided better overall performance than linear or
compressive mapping in low SNR conditions.

The goal of the present study is to investigate the effect of nonlinear amplitude
mapping on phoneme recognition in cochlear implant users.

2. Methods
2.1 Subjects

Cochlear implant subjects were three post-lingually deafened adults using the Nucleus-22
device. All had at least four vecars experience utilizing the SPEAK speech processing
strategy and all were native speakers of American English. All implant subjects had 20
active electrodes available for usc. Two subjects (N4 and N7) used frequency allocation table
9 (150-10.823 Hz) in their clinical implant processor and one subject (N3) used frequency
allocation table 7 (120 Hz - 8.638 Hz). All implant participants had extensive experience in
speech recognition experiments. Table | contains relevant information for the three subjects.
including their most recent scores on the CUNY sentence test and on a multi-talker, 12-
vowel recognition test with their 20-clectrode SPEAK processor (McDermott et al.. 1992).

Table 1. Subject information three tive Nucleus-22 cochlear implant listeners who participated in the present study.

Subject | Age | Gender | Cause of Duration | Freq. Score Vowel

Deafiess | ofuse ' Table | (CUNY) | Score
N3 56 ' M ¢ Trauma Tvears | 7 96.2% | 69.5%
N4 0 40+ M | Trauma = Syears | Y 100.0% | 81.1%
N7 | 55 i M | Unknown | Svears | Y 100.0% | 64.5%

2.2 Test matertals and procedures

Speech recognition was asscssed for medial vowels and consonants. Vowel recognition was
measured n a l2-alternative identification paradigm. tncluding 10 monophthongs and 2
diphthongs. presented in a /lvV-vowel-/d/ context theed. hawed. head. who'd. hid. hood. hud.
had. heard. hoed. hod. haved). The tokens tor these closed-set tests were digitized natural
productions from 3 males. 3 fcmales. and 5 children. drawn from the material collected by
Hillenbrand c¢t al (1995} Consonant recognition was measured in a 16-alternative



identification paradigm. for the consonants bd gptkimnfs (v z} 6/ presented in an /a/-
consonant-/a/ context. Two repetitions of each of the 16 consonants were produced by three
speakers (1 male. 2 female) for a total of 96 tokens (16 consonants * 3 talkers * 2 repeats).

Each test block included 180 tokens for vowel recognition or 96 tokens for
consonant recognition. A stumulus token was randomly chosen from all 180 tokens in vowel
recognition and from 96 tokens in consonant recognition and presented to the subject.
Following the presentation of each token. the subject responded by pressing one of 12
buttons in the vowel test or one of 16 buttons in the consonant test, each marked with one of
the possible responses.

All signals were presented at comfortable audible levels based on the CIS speech
processing strategy through a custom implant interface system (Shannon et al.. 1990).
Subjects were well familiarized with the test materials and the test procedure from prior
experiments. All subjects started with a training session. Speech sounds without noise were
used as training conditions. Each training session included 8 consecutive test blocks with the
same mapping condition and the same speech material. Feedback was provided. Subjects
started the test sessions after cither 8 consecutive runs or the performance was stabilized in
consecutive three runs. In the test sessions. the order of S/N ratio conditions was
randomized. The order of the five mapping conditions. and the order of the vowel and
consonant tests. were counterbalanced across subjects. No feedback was provided in test
Sessions.

2.3 Nignal processing

The speech signal was mixed with sumplified speech spectrum-shaped noise (constant
spectrum level below 800 Hz and 10-dB/octave role-off above 800 Hz). The signal-to-noise
ratio (S/N) was defined as the difference. in decibels. between the RMS levels of the whole
speech token and the noise.

The 4-channel Continuous Interleaved Sampling (CIS) processor (Wilson et al..
1991) was implemented as follows. The signal was first pre-emphasized using a first-order
Butterworth high-pass filter with a cutoff frequency of 1200 Hz. and then band-pass filtered
into four broad frequency bands using eighth-order Butterworth filters. The five corner
frequencies of the four bands were at 300 Hz. 713 Hz. 1509 Hz. 3043 Hz. and 6000 Hz. The
envelope of the signal in each band was extracted by half-wave rectification and low-pass
filtering (8" order Butterworth) with a 160 Hz cutoff frequency. The amplitude histogram in
each band was computed for the test maternials presented at 70 dB SPL.  The maximum
amplitude used (A,,,,) was sct to the 99" %ole of all amplitude levels in ali channels and the
minimal amplitude (A,,,) was set to the noise tloor in the absence of sound input in all
channels. The current level (E) of clectric stimutation in the i"* band was set to the acoustic
envelope value (A) raised to a power (Fu and Shannon. 1998). The exponent of the power
function was systematically changed trom 0.03 to 0.8, This transformed amplitude was used
to modulate the amplitude of a continuous. 300 pulse/sec. biphasic pulse train with a 100
us/phase pulse duration. The stumulus order of the 4 channels was 1-3-2-4 for electrode
pairs (16.22). (11.17). (6.12). and (1.7). respectively.

3. Results

Figure 1A and [B show the mean and individual scores of vowel and consonant recognition
as a function of the power function exponents i the quiet condition. The dotted lines show
the individual scores from three listencrs and the solid line shows the mean scores from these
three subjects. The mean vowel scorcs werce consistently recognized at about 50% correct
when the exponent of the power function was increased from 0.05 to 0.4, and slightly
dropped to 41.7% as the exponent of the power function further increased to 0.8. Similarly,



the mean consonant scores changed slightly from 70% when the value of the exponent, p. of
the amplitude mapping function was 0.05. to 73% when p was 0.2, and dropped to 46%
when the exponent was increased to 0.3,
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Fig. 1. Recognition scores of vowels and consonants as a function of the power function exponents
in yutet and in notse. (A) Vowels (in quiet condition). (B) Consonants (in gqwiet condition), (C)
Vowels (mean scores). {1} Consonants (mean scores),

Figure 1C and 1D show the mecan vowel and consonant recognition scores as a
function of the exponent of the power function in quiet and in noise. For weak compression
(p=0.8). onlv a slight drop of speech performance was observed at both +6 dB SNR and 0
dB. However. a much larger reduction in performance was observed as the noise level
increased for the strongly compressive conditions. When the exponent p was 0.05, a 20%
reduction occurred in vowel recognition and 30% reduction in consonant recognition were
observed at going from quiet conditions to +6 dB SNR.
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Fig. 2. Recognition scores of vowels and consonants as a function of signal-to-noise ratio. (A)

Vowels: (B) Consonants. The mes represent the fitung curve based on a sigmoidal model.

Figures 2A and 2B show the mcan scores of vowel and consonant recognition,
respectively. as a function of S/N ratio with different amplitude mappings. Both vowel and
consonant scores gradually increased as signal-to-noise (S/N) ratio increased for all mapping
conditions. The phoneme recognition threshold (PRT) was defined as the S/N level that
produced 30% of the performance level in quiet. The lines represent the best fit of a simple



sigmoidal model (Fu et al.. 1998: Fu and Shannon. 1999) with three parameters: PRT. the
slope of the function at PRT (3). and the performance level in quiet.

Figure 3 shows the PRT as a function of the power function exponent. The PRT for
both vowels and consonants improved significantly as the mapping function changed from a
strong compression (p=0.05) to a weak compression (p=0.8).
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4. Discussion and conclusions

The present results demonstrate that nonlincar acoustic-to-electric amplitude mappings have
only a minor effect on phoneme recognition in quiet. consistent with the previous finding in
normal-hearing listeners (Fu and Shannon. 1998). However. as the S/N level decreases. the
effect of nonlinear amplitude mapping becomes dramatic and asvinmetric: performance with
weakly compressive mappings declines mildly in nowise. but performance declines
dramatically in noise with a strongly compressive amplitude mapping,.

One interesting point of comparison in the present results is the effect of stimulation
mode. The present results. obtained with BP+3 stumulation mode. are quite simular to
previous results (Fu and Shannon. 1998) i the same implant listeners with BP+I
stimulation mode (Figure 1C and ID. dotted lines).  Stimulation in BP+3 mode should
produce a broader region of stunulated nerves than BP+1 mode. The comparison in Figure
1C and 1D shows that vowel and consonant recognition in quiet with BP+5 mode is even
less affected bv changes in the degree of amplitutde mapping nonlinearity than with BP+1
mode. When compared to the condition with the highest performance. the strongly
compressive mapping (p=0.03) resulted m a 16" reduction of vowel and consonant
recognition with BP+1 stimulation mode. bul only a 3% reduction with BP+5 stimulation
mode. One possible explanation for this difference might be the different loudness growth
functions for the two stimulation modes. Chatterjee (1999) found that the loudness growth
function was steeper for clectrode pairs with broad stumulation mode than narrow
stimulation mode. The power law exponent that produces the “optimal” loudness mapping
should be slightly more compressive for broad stimulation than for narrow sumulauon. If
this were the case we would expect the entire phoneme recognition function to shift (left) o
more compressive exponent values for the wider stmulation mode.  Contrary to this
prediction. phoneme recoguition performance was stntlar for the two stimulation modes for
weak compression (p=0.8). Another possibilitv 1s that wider stimulation modes are less
affected bv amplitude mapping and so the cantire phoneme recognition function would be
flatter. Again the data match this prediction at highly compressive exponents but not at
weakly compressive exponents.  Since the pattern of results 1s not consistent with either of
these predictions. the explanation for the difference in performance for different stumulation
modes 1s still not clear.



The present results also show an interesting similarity between vowel and consonant
recognition. In quiet. neither vowel nor consonant recognition was strongly affected by
amplitude compression. although consonant recognition did deteriorate more than vowel
recognition for the most linear mapping (p=0.8). Further analysis showed that performance
on manner cues (Miller and Nicely. 1933) suffered most in this condition. The amplitude
mapping exponent had a similar effect on the PRT for vowels and consonants (Figure 3).

The data in the present study showed that the PRT was highly dependent on
amplitude mapping. This suggests that at least part of the large variability in performance
across cochlear implant users mav be due to non-optimal amplitude mapping. Implant
listeners who have an amplitude mapping function that is too compressive would be at a
disadvantage in noise compared to implant listeners with less compressive mappings. One
implication of the results is that less compressive mappings may be better overall for mixed
quiet and noisv conditions. Amplitude mappings that are more linear than the optimal
loudness mapping mav be slightly poorer in quiet conditions, but would still allow
reasonably good speech recognition in noise. In contrast. strongly compressive mappings
would allow a similar level of speech recognition in quiet. but would be considerably worse
in noise.
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ABSTRACT

This study investigated the effect of pulsatile stimulation rate on medial vowel and
consonant recognition in cochlear implant listeners. Experiment 1 measured phoneme recognition
as a function of stimulation rate in three Nucleus-22 cochlear implant listeners using a custom 4-
channel CIS speech processing strategy. Results showed that all stimulation rates of 150
pulses/sec/electrode or higher produced equally good performance, while stimulation rates lower
than 150 pulses/sec/electrode produced significantly poorer performance. Experiment 2 measured
phoneme recognition by implant listeners and normal-hearing listeners as a function of the low-
pass cutoff frequency for envelope information. Results from both acoustic and electric hearing
showed no significant difference in performance for all cutoff frequencies higher than 20 Hz. Both
vowel and consonant scores dropped significantly when the cutoff frequency was reduced from 20
Hz to 2 Hz. The results of these two experiments suggest that temporal envelope information can
be conveyed by relatively low stimulation rates. The pattern of results for both electrical and
acoustic hearing is consistent with a simple model of temporal integration with an equivalent

rectangular duration (ERD) of the temporal integrator of about 7 ms.

PACS numbers: 43.71.Es. 43.71 Ky, 43.66.Ts.
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INTRODUCTION
The continuous interleaved sampling (CIS) stimulation strategy is one of the most

successful speech processing strategies for electrical stimulation of the auditory nerve. For speech
processors with the CIS strategy, the spectral representation of speech sounds is encoded coarsely
by the spatial location of the stimulated electrodes and good temporal resolution is achieved by
high-rate stimulation with short biphasic pulses interleaved in time across electrodes (Wilson et al,
1991).

The two major parameters of the CIS strategy are the number of stimulation channels and
the rate of stimulation in each channel. It is widely assumed that increasing the number of
channels and/or stimulation rate would improve speech perception. A greater number of channels
would provide better spectral resolution of speech sounds, while a higher rate of stimulation
would improve the temporal sampling of the speech signal and possibly increase the “stochastic”
response properties of the activated neurons (Wilson et al., 1997, 1998). Because the CIS
strategy is a non-simultaneous strategy that allows only one channel to be stimulated at any time
to avoid electrical field interaction across electrodes, there is an inherent tradeoff between the
number of channels and the stimulation rate on each channel.

Brill et al. (1997) investigated the tradeoff between the number of channels and the rate of
stimulation in three cochlear implant listeners using the Med-El COMBI 40+ device. Two
experiments were conducted in their study. In one experiment, the stimulation rate per channel
increased as the number of channels decreased to keep the overall rate constant at 18181 pps. In
the second experiment, the stimulation rate per channel was kept constant at 1515 pps regardless
of the number of channels. They found little change in performance as the number of channels
increased from 4 to 12 in both experiments for one subject. However, trading channels for higher
stimulation rate did improve performance for one of the three subjects, who seemed to have
maximum performance at 6 and 8 channels. They suggested that a good fitting strategy for a
cochlear implant processor might be to select the six or eight “best” channels and let them operate
at a high stimulation rate rather than select a large number of channels which would necessitate a
lower stimulation rate.

Fishman et al. (1997) conducted another systematic study of the effect of the number of
channels on speech performance. They measured speech recognition of eleven subjects with the
Nucleus 22 implant and the SPEAK processor as a function of the number of electrodes. In their
method, the stimulation rate per electrode increased as the number of channels decreased. Their
results showed no significant difference in performance between 7-, 10- and 20-electrode
processors, which represent maximal stimulation rates of approximately 750, 500, and 250 pps
per electrode, respectively. It is possible, but unlikely, that an improvement due to the increase in
the number of electrodes was exactly offset by the decrement due to lower the stimulation rate.

Several studies have been conducted to investigate the effect of stimulation rate on speech
performance with a fixed number of channels. Lawson et al. (1996) measured consonant
recognition in five cochlear implant listeners using a six-channel CIS strategy. Two different
stimulation rates, 250 pulses/sec (pps) and 2525 pps-per-channel, were used in their study. Four
out of five subjects did show some evidence of performance improvement when the stimulation
rates were increased from 250 to 2525 pps-per-channel, but magnitude of the improvement was
small.

Recently, Vandali et al. (1998) evaluated the effect of varying the stimulation rate on
speech perception in five postlinguistically deaf adult users of the Nucleus 24M Cochlear Implant
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System with the SPEAK processing strategy. In their study, three different rates of electrical
stimulation (250, 807, and 1615 pulses per second per channel) were employed on all 20 active
electrodes. They found no statistically significant difference in performance between the low and
medium stimulation rates. However, significantly poorer results were observed for the high-rate
condition for some tests with some individuals.

While these early results showed relatively little effect of stimulation rate on speech
recognition, it seems clear that higher pulse rates can have a profound effect on the firing patterns
of individual neurons. Wilson et al. (1997, 1998) demonstrated from intra-cochlear compound
action potential recordings that high stimulation rates can disrupt the extreme synchrony observed
with low-rate electrical stimulation, allowing more normal “stochastic” firing patterns. They
suggested that when pulses are presented at high rates, low levels of neural membrane noise at
nodes of Ranvier might interact with the pulses to produce stochastic independence among
neurons. Slight variations in neural threshold due to membrane noise may introduce a “jitter” in
firing times across neurons for rapidly presented pulses. After the onset of a pulse train, this jitter
would be expected to increase with time, due to the initial differences in neural discharge
histories, combined with the probabilistic recovery time of each neuron. After a short period of
time, these differences in discharge histories may produce a high level of stochastic independence
among neurons. Thus, it is clear that high rates of electrical stimulation can produce more
stochastic patterns of temporal discharges that lower rates, but the implication of this for speech
recognition is not clear.

These previous studies present a mixed picture of the effect of stimulation rate upon
speech recognition in implant listeners. The present study systematically investigates the effect of
stimulation rate, especially for very low stimulation rates, on phoneme recognition in cochlear
implant listeners. The allocation of frequencies to electrodes and the electrode locations are held
constant in these processors; only the rate of stimulation is varied. Vowel and consonant scores
are measured as a function of stimulation rate.

[. EXPERIMENT 1: EFFECT OF STIMULATION RATE

This experiment measured vowel and consonant recognition as a function of stimulation
rate in cochlear implant listeners using speech processors fitted with a custom four-channel CIS
speech processing strategy. Seven stimulation rate conditions were tested in the present study: 50,
100, 150, 200, 300, 400, and 500 pps-per-channel.

A. METHODS
1. Subjects

Three post-lingually deafened adults using the Nucleus-22 cochlear implant device
participated in this study. All were native speakers of American English and had at least four years
experience utilizing the SPEAK speech processing strategy. All implant subjects had 20 active
electrodes available for use. Two subjects (N4 and N7) used frequency allocation table 9 (150-
10,823 Hz) in their clinical implant processor and one subject (N3) used frequency allocation table
7 (120 - 8,658 Hz). Based on their sentence and word recognition scores, subjects N4 and N7
were considered excellent implant users, and subject N3 was considered an average user. No
poor users were chosen in this study to avoid floor effects. All implant participants had extensive
experience in speech recognition experiments. Table 1 contains relevant information for the three
subjects, including their most recent scores on the CUNY sentence test and multi-talker vowel
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test, presented without lip-reading in the sound field through their normal 20-electrode SPEAK
processor.

--Table 1 about here-----------==----

2. Test Materials and Procedures

Speech performance was assessed using two measures: vowel and consonant
identification. Vowel recognition was measured in a 12-alternative identification paradigm,
including 10 monophthongs (/1 T € 2 u U a o © 3/) and 2 diphthongs (/o €/), presented in a
/h/vowel/d/ context. The tokens for these closed-set tests were digitized natural productions from
S men, 5 women, 3 boys, and 2 girls, drawn from the materials collected by Hillenbrand et al.
(1995). Consonant recognition was measured in a 16-alternative identification paradigm, for the
consonants/bdgptklmnfs §vz0dz/ presented in an/a/consonant/a/ context. Two

repetitions of each of the 16 consonants were produced by three speakers (1 male. 2 female) for a
total of 96 tokens (16 consonants * 3 talkers * 2 repeats).

All signals were presented at levels that were adjusted to be comfortably loud by each
individual subject in each listening session. Subjects were instructed to maintain the same
loudness scale across all test conditions. All 14 conditions (2 tests * 7 rates) were pseudo-
randomized within subjects.

3. Signal Processing

The 4-channel CIS processor was implemented through the custom interface (Shannon et
al., 1990), bypassing the subject’s Spectra-22 speech processor. The signal was first pre-
emphasized using a first-order Butterworth (6 dB/octave) high-pass filter with a cutoft frequency
of 1200 Hz, and then band-pass filtered into four broad frequency bands using eighth-order
Butterworth filters (96dB/octave). The corner frequencies of the bands were at 300 Hz. 713 Hz,
1509 Hz, 3043 Hz, and 6000 Hz. The envelope of the signal in each band was extracted by half-
wave rectification and low-pass filtering (eighth-order Butterworth: 48 dB/octave). To avoid any
aliasing effects. the cutoff frequency of the low-pass envelope filters was set to 40% of the rate of
stimulation. The acoustic amplitude (40-dB range) was transtormed into electric amplitude by a
power-law function with an exponent of 0.2 (E = A"*: Fu and Shannon, 1998) between each
subject’s threshold (T-level) and upper level of loudness (C-level). This transformed amplitude
was then used to modulate the amplitude of a continuous biphasic pulse train with a 100 ps/phase
pulse duration, and delivered to four electrode pairs interleaved in time: (18,22), (13,17), (8,12),
and (3,7). The rate of the biphasic pulse train was varied from 50 pps/channel to 500 pps/channel,
for a total of 7 stimulation rate conditions.

B. RESULTS AND DISCUSSION

Figure 1 shows the vowel and consonant recognition scores as a function of stimulation
rate. Panel A shows the individual and mean vowel recognition scores and Panel B shows the
individual and mean consonant recognition scores. When the stimulation rate was 50 pps/channel,
41% of vowels and 46% of consonants were correctly recognized. When the stimulation rate was
increased from 50 pps to 150 pps/channel. mean vowel scores increased significantly to 53%
correct and mean consonant scores increased significantly to 71% correct. No significant
improvement of vowel or consonant recognition was observed when the stimulation rate was
further increased. For vowel recognition, ANOVA tests showed a significant effect of stimulation
rate [F(6,21)=22.20, p<0.001], of subjects [F(2.21)=66.57, p<0.001], and significant interaction
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between stimulation rate and subjects [F(6,21)=3.20, p=0.010]. For consonant recognition,
statistical tests also showed a significant effect of stimulation rate [F(6,21)=103.72, p<0.001], of
subjects [F(2,21)=55.65, p<0.001], and significant interaction between stimulation rate and
subjects [F(6,21)=7.742, p<0.001]. Post-hoc Tukey HSD tests indicate that both vowel and
consonant scores were significantly lower for speech processors with stimulation rates lower than
100 pps.

Figure | about here-----------------

In contrast to previous studies, these results show that phoneme recognition performance
asymptotes at fairly low stimulation rates. Lawson et al. (1996) predicted that consonant scores
should drop significantly when the stimulation rate is reduced from 2525 pps to 250 pps. In the
present results there was no significant change in performance between stimulation rates of 500
and 150 pps/channel. However, subjects did report a difference in speech quality when the
stimulation rate was 200 pps or 150 pps, noting that speech sounded increasingly “machine-like”
or “weird”. Phoneme recognition performance deteriorated only when the stimulation rate was
reduced to less than 150 pps.

Due to the hardware limitations of the speech processor, the maximum stimulation rate
possible in the present study was 500 pps/channel. The present data are not able to exclude the
possibility of improvements in performance at higher stimulation rates. Although stochastic
neural firing may occur when the speech processor delivers very high stimulation rates, it is not
clear if this improves speech performance. Previous speech recognition data obtained at higher
rates showed essentially no improvement over lower rates (Lawson et al., 1996: Brill et al., 1997)
and in some cases even a decrease in performance at higher rates (Vandali et al., 1998) .

Figure 2 presents the information received on the consonant features of voicing, manner
and place of articulation (Miller and Nicely, 1955). Reception of voicing and place cues increased
with stimulation rate up to 150 Hz and then did not increase as the stimulation rate was increased
above 150 Hz. Information received on manner was essentially unaffected by changes in
stimulation rate. At stimulation rates below 150 Hz, the stimulation rate would produce a strong
pitch itself. and would not be able to represent voice fundamental frequencies above 75 Hz. Also
at stimulation rates below 150 Hz the pitch of the carrier may have interfered with the correct
identification of the place of articulation, i.e. the rate pitch of the carrier may have confounded the
place pitch of the electrodes. Cues to consonant manner are primarily contained in low-frequency
envelope properties which were not affected by stimulation rate even down to 50 Hz.

[nsert Figure 2 about here

Phoneme recognition was significantly poorer when the stimulation rate was 100 pps-per-
channel or lower. One possible explanation is that performance drop is due to the lower temporal
resolution transmitted by the envelope filters. As described in the signal processing section, the
cutoff frequency of envelope filters was reduced as the stimulation rate was decreased in order to
remove any aliasing effects. For example, an envelope filter with a 60 Hz cutoff frequency was
used when the stimulation rate was 150 pps, while 20 Hz was used for the stimulation rate of 50
pps. It is possible that the loss of temporal envelope information within each channel was due to
the envelope filter rather than the lower stimulation rate per se. It is important to distinguish if the
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limitation is due to the front-end speech processing or to the limitations of perception in electrical
stimulation. To determine if the low-pass envelope filter cutoff frequency was the factor limiting
speech recognition rather than the stimulation rate, an additional experiment was conducted.

. EXPERIMENT 2: EFFECT OF CUTOFF FREQUENCY OF ENVELOPE FILTERS
Experiment 2 measured phoneme recognition in conditions that held the stimulation rate

per channel constant while reducing the envelope filter cutoff frequency. Vowel and consonant

recognition was measured as a function of cutoff frequency of the envelope filters in both cochlear

implant listeners using a custom four-channel CIS speech processor and in normal-hearing

subjects listening to speech processed by a comparable four noise-band acoustic processor

(Shannon et al., 1995).

A. METHOD

1. Subjects

The three cochlear implant listeners from Experiment 1 and five normal-hearing listeners
aged 25 to 35 participated in this experiment. All normal-hearing subjects had thresholds better
than 15 dB HL at audiometric test frequencies from 250 to 8000 Hz and all were native speakers
of American English.

2. Test materials and Procedures

The same test materials and procedures as Experiment 1 were used in this experiment.
3. Signal processing

In electric hearing, the 4-channel CIS processors were similar to those described in
Experiment 1 except that, when extracting the envelope in each band, the cutoff frequency of the
envelope filters was varied from 2 Hz to 160 Hz. Seven cutoff frequencies were tested: 2, 5, 10,
40, 80, 120, and 160 Hz. The stimulation rate of pulse trains modulated with envelope
information was fixed at 500 pps per channel.

In acoustic hearing, the speech signal was spectrally degraded using a four-band
modulated noise processor (Shannon et al., 1995). Envelope extraction in each band was the same
as that in electric stimulation, except that the cutoff trequency of envelope filters was varied over
a broader range: 2 Hz to 640 Hz. Seven envelope filter cutoff frequencies were tested: 2. S, 10,
20, 40. 160, and 640 Hz. Instead of modulating a continuous pulse train as in electric stimulation,
the extracted envelope waveform in each band in the acoustic processor was used to modulate
wideband noise that was subsequently spectrally limited by the same bandpass filter used for the
analysis filter band. The outputs from all modulated noise bands were then summed and the
processed speech tokens were equated in terms of rms energy. All processed speech stimuli were
stored on computer disk and were presented via custom software to a 16 bit D/A converter (TDT
DD1) at a 16-kHz sampling rate. A-weighted stimuli were presented to the listeners diotically
through Sennheiser HDA200 headphones at 70 dB. Within each test, speech stimuli were
presented in random order, and test conditions were pseudo-randomized for each subject.

B. RESULTS AND DISCUSSION

Figure 3 shows the vowel and consonant recognition scores as a function of the cutoff
frequency of envelope filters. Figure 3A shows the individual and mean vowel scores from three
cochlear implant users and the mean vowel scores from five normal-hearing listeners (no
significant effect of subjects [F(4,30)=0.361, p=0.834]). Vowel scores increased from 48% to
65% for normal-hearing listeners and from 33% to 50% for implant listeners when the cutoff



Fu and Shannon Effects of stimulate rate in implants Page 8

frequency was increased from 2 Hz to 10 Hz. No significant improvement in either cochlear
implant users or normal-hearing listeners was observed when the cutoff frequency was further
increased above 10 Hz. There was a significant effect of the cutoff frequency on vowel
recognition for both cochlear implant users [F(6,35)=10.02, p<0.001] and for normal-hearing
listeners [F(6,28)=35.41, p<0.001]. Post-hoc Tukey HSD tests indicated that the vowel score
was significantly lower when the cutoff frequency was 5 Hz or less. An ANOVA also showed no
significant interaction between subjects and cutoff frequency for cochlear implant users
[F(12,21)= 0.981, p=0.496] as well as no significant interaction between electric hearing and
acoustic hearing on vowel recognition [F(6,63)=0.093, p=0.997].

Figure 3B shows the individual and mean consonant scores from three cochlear implant
users and the mean consonant scores from five normal-hearing listeners (no significant effect of
subjects [F(4,30)=0.016, p=0.999]). When the envelope cutoff frequency was 2 Hz, consonant
recognition was nearly at a chance level for cochlear implant users. When the cutoff frequency
was increased from 2 to 20 Hz, consonant scores increased dramatically to 65% correct. For
normal-hearing listeners, consonant scores also increased dramatically from 17% to 84% when
the cutoff frequency was increased from 2 Hz to 20 Hz. Similar to vowel recognition, no
significant improvement in either cochlear implant users or normal-hearing listeners was observed
when the cutoff frequency was further increased. An analysis of variance showed a significant
effect of the cutoff frequency on consonant recognition for both cochlear implant users
[F(6,35)=83.56, p<0.001] and for normal-hearing listeners [F(6.28)=248.41, p<0.001]. Post-hoc
Tukey HSD tests indicate that the consonant score was significantly lower when the cutoff
frequency was 10 Hz or less. Further ANOVA tests showed no significant interaction between
subjects and cutoff frequency for cochlear implant users [F(12,21)=1.874, p=0.100] as well as no
significant interaction between electric hearing and acoustic hearing on consonant recognition
[F(6,63)=1.28, p=0.281].

The fact that implant and normal hearing listeners showed the same pattern of
performance as a function of the envelope cutoff frequency suggests that the effect is not specific
to electrical stimulation and likely represents a limitation in speech recognition that is common to
electric and acoustic hearing. In previous psychophysical studies (e.g., Shannon, 1993) relatively
little difference was observed between acoustic and electric hearing on measures of basic temporal
processing. The present result extends this finding to the speech envelope domain.

Another interesting observation is that the effect of the envelope cutoff frequency on
speech recognition was significantly different for vowels and consonants. Vowel recognition was
only moderately reduced as the cutoff frequency was reduced to 2 Hz, where cochlear implant
(CI) listeners still scored 35% percent correct and normal-hearing (NH) listeners scored 48%
correct. However, consonant recognition scores dropped dramatically from 70% to near-chance
level as the cutoff frequency was reduced from 20 Hz to 2 Hz. This result indicates that both CI
and NH listeners relied upon temporal envelope cues more for consonant recognition than for
vowel recognition.

One might think that high-frequency temporal envelope information would become less
important as the number of spectral channels increases, 1.e. temporal cues that are important when
there are few spectral cues might be less important when more spectral cues are available.
Temporal envelope information below 20 Hz can provide sufficient information for modest levels
of consonant recognition, even in the complete absence of spectral information (Rosen, 1992:Van
Tasell et al., 1987,1992). The present results replicate Shannon et al.’s (1995) tinding of no
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significant performance difference when envelope information above 16-20 Hz was included in 4-
band speech processors. Shannon et al. (1995) specifically found no difference in the effect of the
low-pass frequency cutoff of the envelope filter between 1, 2, 3, or 4-band processors, indicating
that temporal envelope information below 20 Hz is important, regardless of the degree of spectral
resolution.

Figure 3 about here

Note that the mean consonant score was about 4%-5% lower for the processor with the
20-Hz cutoff frequency when compared to the processor with the 80-Hz cutoff frequency in both
normal-hearing listeners and cochlear implant listeners. Due to the overall performance variation
across subjects, this difference was not statistically significant when combining the data from all
subjects.

Figure 4 shows the analysis of consonant information received on the production-based
features of voicing, manner, and place (Miller and Nicely, 1955) from the data of Experiment 2"
Information received for all three speech features increased as the envelope cutoff frequency
increased up to 20 Hz. For normal-hearing listeners there was no change in information received
on manner and place as the envelope cutoff frequency was increased above 20 Hz, but voicing
information increased slightly up to 160 Hz. In implant listeners a similar pattern of results was
observed on voicing and manner. although the level of information received was about 20
percentage points lower than the normal hearing results. However, on place of articulation,
information received continued to increase beyond 20 Hz for the implant listeners.

Figure 4 about here

It 1s not too surprising that higher accuracy of information transmission for voicing was
received in speech processors with higher cutoff frequency of envelope filters, presumably
because the Fy information could be at least partly transmitted by the temporal modulation when
the cutoff frequency of envelope filters was increased above 80 Hz. However, it is quite puzzling
that the information received for place continued to increase in cochlear implant listeners and not
in normal-hearing listeners. Whether this difference is due to the high vanability of the results
across cochlear implant listeners or is an important perceptual difference between acoustic
simulation and electric stimulation remains to be answered. One possibility is that rapid spectral
transitions in consonants are important for correct identification. In normal-hearing listeners, in
whom the noise-band carriers are in the correct tonotopic location, the spectro-temporal
transitions may not be as critical for consonant identity. But the temporal information may be
more important in implant listeners, in whom the spectral cues are not properly represented by the
electrode locations.

III. GENERAL DISCUSSION

The data from the present study show no significant differences in consonant or vowel
recognition performance tor experimental speech processors with stimulation rates ranging from
150 to 500 pps/channel. This suggests that higher stimulation rates may not provide a substantial
benefit to speech recognition in electric hearing as expected.
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The results from the present study do show significantly lower scores in vowel and
consonant recognition for speech processors with stimulation rates of 50 and 100 pps than for
processors with higher stimulation rates. The performance drop in speech recognition could arise
either from information reduction in the processor (processor domain) or from a perceptual
limitation inherent to implants (perceptual domain). One way in which information is clearly
reduced is when the cutoff frequency of envelope filters is decreased. In Experiment 1, as the
stimulation rate was reduced from 150 pps/channel to 50 pps/channel, the cutoff frequency of
envelope filters decreased from 60 Hz to 20 Hz to avoid aliasing effects. The data from the
experiment 2 showed that there were no significant improvements in vowel or consonant
recognition when the cutoff frequency of envelope filters was increased above 20 Hz. This implies
that the observed performance drop at low stimulation rates in Experiment 1 was not caused by
the information reduction in the speech processor.

Another possibility is that the performance drop in speech recognition at low stimulation
rates was caused by a perceptual limitation of the implant listeners. One explanation is that pulse
trains with lower rates produce their own distinctive pitch sensation that may interfere with the
envelope information that is being transmitted. Rate pitch produced by an electrical pulse train is
strongest in the 50-150 Hz range and becomes weaker as the pulse rate increases above 150 Hz,
so that the pitch sensation generally saturates for pulse rates above 300 Hz (Shannon, 1983; Tong
et al., 1983: Townsend et al., 1987; McKay et al.. 1996), although a few “star” implant patients
may be able to detect pitch differences up to stimulation pulse rates as high as 1 kHz (Pyl and
Schwarz, 1993; Wilson et al., 1998). A stimulation pulse train that produces its own strong pitch
may interfere with the envelope information that is being transmitted. Even though there was no
difference in phoneme recognition for stimulation rates of 150-300 Hz in the present study,
patients did report that these processors produced strange and unpleasant sound quality, possibly
due to the interfering pitch of the carrier signal.

Both the saturation of rate pitch with stimulation rate and the reduction in speech
recognition at low rates might be explained by a relatively slow central temporal integration.
Moore et al. (1996) found that the best equivalent rectangular duration for the central temporal
integrator is about 7 ms. In the case of stimulation rate. at 150 pps. the pulse separation between
two successive pulses is 6.67 ms, while at 100 pps the pulse separation 1s to 10 ms. Poorer
central integration at 100 Hz may cause the envelope information to “break up” and not provide a
adequate carrier for the speech envelope information, a phenomenon that might be comparable to
exceeding the flicker fusion threshold in vision. The ability to compare successive time frames of
speech patterns may influence speech perception. If consecutive frames occur quickly enough,
close comparison between two frames provides enough information for speech temporal pattern
recognition. If consecutive frames occur too far apart in time. the perceptual “image” breaks up
in time, resulting in poorer speech recognition. However, the direct relationship between the
central temporal integration and speech pattern recognition is still not clear. Implant patients who
perceive rate pitch up to high stimulation rates may have shorter central temporal integration
times and thus may be able to use temporal information in speech at stimulation rates higher than
150 Hz.

[V. SUMMARY AND CONCLUSIONS
High stimulation rates may not provide the substantial benefit in electric hearing as
previously hypothesized. Results from the present experiments suggest that the stimulation rate
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can be as low as 150 pps per channel without significantly reducing speech recognition. The
cutoff frequencies of envelope filters for different stimulation rates were not sufficient to explain
the effect of the stimulation rate on speech recognition, suggesting that the limiting factor was
perceptual rather than a limitation inherent to the signal processing. The results are consistent
with previous psychophysical results on normal-hearing listeners, which show a 7 ms equivalent
rectangular duration of the central temporal integrator.
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TABLE
Table 1: Subject information for three Nucleus-22 cochlear implant listeners who participated in
the present study. Frequency table refers to the frequency allocation used by the listener in their
everyday processor. Frequency table 7 has a frequency range of 120 to 8658 Hz while frequency
table 9 has a range of 150 to 10823 Hz. Frequency table 9 is intended to be an approximate
tonotopic map to the electrode locations for a full electrode insertion. Insertion depth is reported
as the number of stiffening rings outside the round window from the surgical report. A full
insertion would be O rings out. Sentence and vowel scores are from subjects” own Spectra 22
processor.

Subject | Age | Gender | Cause of | Duration Insertion Freq. Score Score
Deafness of use Depth Table | (CUNY) | (Vowel)

N3 55 M Trauma 6 years 3 rings out 7 79.4% 58.1%

N4 39 M Trauma 4 years 4 rings out 9 99.0% 74.2%

N7 54 M Unknown | 4 years 0 rings out 9 99.0% 65.6%

FIGURE CAPTIONS

FIGURE 1: Vowel and consonant recognition as a function of the stimulation rate for three
Nucleus-22 cochlear implant users. (A) Vowel recognition; (B) Consonant
recognition. The cutoff frequency on the low-pass envelope filter was fixed at 40% of
the stimulation rate. Error bars represent +/- standard deviation.

FIGURE 2. Consonant information received on the production based features of voicing, manner
and place of articulation as a function of stimulation pulse rate.

FIGURE 3: Vowel and consonant recognition as a function of the cutoff frequency of the low-
pass envelope filters tor three Nucleus-22 cochlear implant users and five normal-
hearing subjects. (A) Vowel recognition; (B) Consonant recognition. Stimulation rate
was fixed at 500 pps/electrode for the implant subjects. Noise bands were used as
carriers for the NH listeners. Error bars represent +/- standard deviation.

FIGURE 4: The received information for consonants on voicing (circles), manner (inverted
triangles), and place (squares) as a function of the cutoff frequency of the low-pass
envelope filters for three Nucleus-22 cochlear implant users (open symbols) and five
normal-hearing subjects (filled symbols).
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